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1 Introduction
This contribution includes a proposal for the specification of codecs and codec configurations for the voice media in MTSI terminals. The text included here is written in change request style to simplify inclusion in the MTSI-MHI TS.
2 Changes to current text

The following modifications are suggested to the text currently available in ‎[1].

All “MMTel” abbreviations have been replaced with “MTSI” to harmonize with SA plenary request.
Section 5.2.1.1

· Editorial corrections, clarifications and harmonisations.

Section 5.3.1.2:

· A clarification is required to show that the 1 – 4 frames are “new” frames, i.e. frames that have not been transmitted in any previous packet. There would otherwise be a contradiction between this text and Table 5.1.

· A note is added to describe what a “new” frame is.

· When going from active speech to comfort noise, it is possible to have 0 “new” frames and only redundant frames in a packet. Thereby the lower limit needs to be replaced with 0.

· Internal comments have stated that the text marked with yellow was hard to understand. An improved text is proposed.
3 Proposal

Approve the proposed text to be included in the MTSI-MHI TS.

4 References

[1] S4-060347, Multimedia Telephony; Media handling and interaction, V0.2.0.
--- Start change 1 ---

5.2
Codecs

5.2.1
Speech

5.2.1.1
Terminals

MTSI terminals offering speech communication shall support

· AMR speech codec [12][13][14][15] including all 8 modes and source controlled rate operation ‎[31]. The terminal shall be capable of operating with any subset of these 8 codec modes.

When transmitting, the terminal shall be able of changing codec mode at every frame, and shall also be able to restrict codec mode changes to every other frame, e.g. like UMTS_AMR_2 [26]. It shall also be able to restrict codec mode changes to neighbouring modes. When receiving, the terminal shall allow codec mode changes at any frame to any mode within the codec mode subset.

MTSI terminals offering wideband speech communication at 16 kHz sampling frequency shall support

· AMR wideband codec ‎[16]‎[17]‎[18]‎[19] including all 9 modes and source controlled rate operation ‎[32]. The terminal shall be capable of operating with any subset of these 9 codec modes.
When transmitting, the terminal shall be able of changing codec mode at every frame, and shall also be able to restrict codec mode changes to every other frame, e.g. like UMTS_AMR_WB‎ [26]. It shall also be able to restrict codec mode changes to neighbouring modes. When receiving, the terminal shall allow codec mode changes at any frame to any mode within the codec mode subset.

--- End change 1 ---

--- Start change 2 ---

5.3
RTP payload formats

5.3.1
Speech

5.3.1.2
Terminals

MTSI terminals shall support both the bandwidth-efficient and the octet-aligned payload format.

An MTSI terminal should encapsulate 1 speech frame per RTP packet. An MTSI terminal shall send between 0 and 4 new speech frames encapsulated in each RTP packet.
Note:
The terminology “new speech frames” refers to speech frames that have not been transmitted in any preceding packet. In case of redundancy, an RTP packet may contain up to 4 new speech frames and up to 8 redundant speech frames. Redundant speech frames are speech frames that have been transmitted in a preceding packet. See also section 5.3.1.4.
In case the MTSI terminal is aware of its own access technology, and in the absence of knowledge that would prevent the use of the parameters defined in Table 5.1 on the remote side, then an MTSI terminal should use the parameters in Table 5.1. In all other cases, 1 speech frame should be encapsulated per RTP packet, ptime:20 and maxptime:240.
In case the MTSI terminal is aware of its own access technology, then the parameters defined in Table 5.1 should be used during the session, unless the remote side does prevent it.

In case the MTSI terminal is not aware of its own access technology, then the 1 speech frame should be encapsulated per RTP packet and the terminal shall be capable of receiving up to 12 speech frames per RTP packet, i.e. ptime:20 and maxptime:240, unless the remote side does prevent it.

Table 5.1: Default encapsulation parameters (to be used as defined above).

	Access technology
	Encapsulate
	ptime
	maxptime

	HSPA
	1 speech frame per RTP packet
	20
	240

	EDGE
	2 speech frames per RTP packet
	40
	240

	GAN
	1-12 speech frames per RTP packet
	between 20 and 240
	240


Editor’s note:
The following issues are TBD: and how to use the in-band channel for signaling codec mode changes
For all access technologies, the bandwidth-efficient payload format should be used unless the session setup concludes that the octet-aligned payload format is the only payload format that all parties support. The SDP offer shall include an RTP payload type where octet-align=0 is defined or where octet-align is not specified and should include another RTP payload type with octet-align=1. MTSI terminals offering wide-band speech shall offer these parameters and parameter settings also for the RTP payload types used for wide-band speech.
For all access technologies, codec mode changes should be aligned to every other frame, i.e. mode-change-period=2 should be offered.
Editor’s note: The support of codec mode change restrictions is one of the clarifications that are introduced in the new version of the AMR payload format.
MTSI terminals shall support redundancy according to section 8.
Editor’s note: Redundancy TBA.
--- End change 2 ---

--- Start change 3 ---

6.3.2
SDP usage
The session setup shall for each media determine: UDP port number(s); codec(s); RTP Payload Type number(s), RTP Payload Format(s) and any additional session parameters.
6.3.2.1
Speech

For AMR or AMR-WB encoded media, the session setup shall determine: if all codec modes can be used or if the operation needs to be restricted to a subset; if the bandwidth-efficient payload format can be used or if the octet-aligned payload format must be used; if codec mode changes shall be restricted to only every 40 msec period or if codec mode changes can occur at any frame border; if codec mode changes must be restricted to only neighbouring modes or if codec mode changes can be performed to any mode within the mode set.

For received AMR or AMR-WB encoded media, the session setup shall determine: the number of speech frames that should be encapsulate in each RTP packet and the maximum number of speech frames that may be encapsulated in each RTP packet.
If the session setup determines that multiple configuration variants are possible in the session then the default operation should be used as far as the agreed parameters allow, see Section 6.5.1.1.
An MTSI terminal offering a speech media session for narrow-band speech should offer the following SDP.
Editor’s note: SDP examples are TBA, see separate contribution.
An MTSI terminal offering a speech media session for both wide-band and narrow-band speech should offer the following SDP.
Note: A terminal offering wide-band speech shall also offer at least one RTP payload type for narrow-band speech.
Editor’s note: SDP examples are TBA, see separate contribution.
--- End change 3 ---

--- Start change 4 ---

6.5
Media flow

6.5.2
Media specific

6.5.1.1
Speech

This section describes how the voice media should be packed during a session. It includes definitions both for the cases where the access type is known and one default operation for the case when the access type is not known.
Editor’s note: These definitions are useful when the session setup concludes that the set of supported configurations is larger than the preferred set.
6.5.1.1.1
Default operation
If the access type is not known and/or if the session setup concludes that multiple formats can be used for transport AMR and/or AMR-WB encoded speech media, then the media flow should be formatted according to the HSPA access type as far as possible. This applies for one, several or all of the individual configuration parameters: payload format; codec modes; mode change period; mode change restrictions; and number of frames encapsulated in each packet.
A few examples are included below for clarification. It should be noted that the codec modes, payload formats and mode change period restrictions are configured separately from each other. Thereby, these parameters may occur in the SDP in any possible combination.
Example 1:

If both PS end-points allow all AMR codec modes, it is still recommended to use codec modes from the {AMR122, AMR74, AMR59 and AMR475} mode set.
Note: This optimizes the performance for the HSPA access type even though the access type is not known. This also minimizes the risk of introducing forced frame losses while the session is being re-negotiated, if either of the terminals makes a handover to circuit switched GSM, with AMR. This also maximizes the possibilities to maintain TFO.
Example 2:

If both PS end-points accept one RTP Payload Type for the bandwidth-efficient payload format and another RTP Payload Type for the octet-aligned payload format, then it is still recommended to use the bandwidth-efficient payload format and the corresponding RTP Payload Type.
Note: This optimizes the performance for the HSPA access type even though the access type is not known.

Example 3:

If the session setup determines that codec mode changes can be performed at every frame border, it is still recommended to change codec modes every 40 msec.
Note: If one terminal makes a handover from for example HSPA to circuit switched GERA with AMR, then the session parameters probably needs to be re-negotiated. Restricting codec mode changes to every 40 msec reduces the risk of forced frame dropping in the media gateway during the session re-negotiation period.
6.5.1.1.2
MTSI terminals using HSPA
This section applies when the access type is known to be HSPA.
If AMR is used, then one of the modes within the {AMR122, AMR74, AMR59 and AMR475} codec mode set should be used unless the session setup determines that other codec modes must be used.
Note: The RLC PDU sizes are optimized for these AMR modes, [x].
If AMR-WB is used, then one of the modes within the {AMRWB12.65, AMRWB8.85 and AMRWB6.60} codec mode set should be used unless the session setup determines that other codec modes must be used.

Note: The RLC PDU sizes are optimized for these AMR modes, [x].
Codec mode adaptation may be performed during the session unless the session setup defines that only one codec mode is allowed.

Source controlled rate operation shall be used.
In the transmitted media, codec mode changes should be performed only every 40 msec and should be performed to one of the neighbouring modes. In the received media, codec mode changes shall be accepted at any time and to any mode.
The in-band signalling in the AMR payload format should be used for requesting codec mode changes within the defined mode set

The AMR bandwidth-efficient payload format should be used unless the session setup determines that the octet-aligned payload format must be used.
Note: The RLC PDU sizes are optimized for the bandwidth-efficient payload format, ‎[x].
The terminal should send one speech frame encapsulated in each RTP packet unless the session setup defines that other PS end-point want to receive another encapsulation variant.
Note: The RLC PDU sizes are optimized for 1 frame per packet, ‎[x].
The terminal should request receiving one speech frame encapsulated in each RTP packet but shall accept any number of frames per RTP packet up to the maximum limit of 12 speech frames per RTP packet.
Application layer redundancy, see section 8, should be avoided.
Editor’s note: A new section is needed to describe redundancy.
6.5.1.1.3
MTSI terminals using EDGE

This section applies when the access type is known to be EDGE.

If AMR is used, then one of the modes within the {AMR122, AMR74, AMR59 and AMR475} codec mode set should be used unless the session setup determines that other modes must be used.

Editor’s note: The transport mechanisms for MTSI in EDGE are currently being discussed in GERAN. This recommendation may change.
If AMR-WB is used, then the used codec mode should be one of the modes within the {AMRWB12.65, AMRWB8.85 and AMRWB6.60} codec mode set unless the session setup determines that other codec modes must be used.

Editor’s note: The transport mechanisms for MTSI in EDGE are currently being discussed in GERAN. This recommendation may change.

Codec mode adaptation may be performed during the session unless the session setup defines that only one codec mode is allowed.

In the transmitted media, codec mode changes should be performed only every 40 msec and should be performed to one of the neighbouring modes. In the received media, codec mode changes shall be accepted at any time and to any mode.

The in-band signalling in the AMR payload format should be used for requesting codec mode changes within the defined mode set

The AMR bandwidth-efficient payload format should be used unless the session setup determines that the octet-aligned payload format must be used.

The terminal should send two speech frames encapsulated in each RTP packet and should request receiving two speech frames encapsulated in each RTP packet unless the session setup defines that other PS end-point want to receive another encapsulation variant.

Editor’s note: The transport mechanisms for MTSI in EDGE are currently being discussed in GERAN. This recommendation may change.
The terminal should request receiving two speech frame encapsulated in each RTP packet but shall accept any number of frames per RTP packet up to the maximum limit of 12 speech frames per RTP packet.

Application layer redundancy, see section 8, should be avoided.

6.5.1.1.4
MTSI terminals using Generic Access
If AMR is used, then one of the modes within the {AMR122, AMR74, AMR59 and AMR475} codec mode set should be used unless the session setup determines that other modes must be used.

If AMR-WB is used, then the used codec mode should be one of the modes within the {AMRWB12.65, AMRWB8.85 and AMRWB6.60} codec mode set unless the session setup determines that other modes must be used.

Codec mode adaptation may be performed during the session unless the session setup defines that only one codec mode is allowed.

In the transmitted media, codec mode changes should be performed only every 40 msec and should be performed to one of the neighbouring modes. In the received media, codec mode changes shall be accepted at any time and to any mode.

The in-band signalling in the AMR payload format should be used for requesting codec mode changes within the defined mode set

The AMR bandwidth-efficient payload format should be used unless the session setup determines that the octet-aligned payload format must be used.

The terminal should send between one and four new speech frames encapsulated in each RTP packet. The terminal may use application layer redundancy, in which case the terminal may encapsulate up to 12 speech frames in each RTP packet, with a maximum of four new speech frames and maximum 8 redundant speech frames 
Note: Since generic access may use any access type, for example the public internet or WLAN, application layer redundancy may be the only option to handle severe operating conditions and to provide sufficient service quality to the end user.
The receiver shall accept any number of frames per RTP packet up to the maximum limit of 12 speech frames per RTP packet.
--- End change 4 ---

--- Start change 5 ---
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3GPP TS 25.993 Typical examples of Radio Access Bearers (RABs) and Radio Bearers (RBs) supported by Universal Terrestrial Radio Access (UTRA).
--- End change 5 ---
